Abstract-The speech fundamental frequency (F0) is an important speech parameter which has significant effect in domains such as voiceprint analysis, speaker recognition, voice conversion and etc. The existing extraction methods of speech fundamental frequency are not satisfactory in terms of accuracy due to the limitations of the methods themselves and noise so that correction is essential for high-quality analysis, recognition, conversion. The effect of existing correction methods rely heavily on the accuracy of first extraction, and are sensitive to noise. This article proposes a new correction method which makes use of cross-correlation of original signal and estimated signal to convert the difference between their frequencies to phase difference, thereby gains the accurate fundamental frequency by measuring this phase difference. Experiments indicate that the proposed method is effective when the estimated frequency ranges from 70% to 190% of the actual frequency, and keeps the average error within -50dB (0.35%) when signal to noise ratio (SNR) reduces to 3dB.
I. INTRODUCTION
The speech fundamental frequency (F0) [1] is an important speech parameter which has significant effect in domains such as voiceprint analysis [2] , speaker recognition [3] , voice conversion [4] , [5] and etc. Now lots of speech analysis/synthesis [6] , [7] frameworks use fundamental frequency as an important model parameter such as STRAIGHT [8] - [10] . The STRAIGHT express speech as fundamental frequency and spectral envelope and can easily manipulate these parameters and synthetize the manipulated speech as well. The accuracy of fundamental frequency estimation immediate influences the performance of the model.
The speech fundamental frequency fluctuates due to short-time stationarity of speech signal [1] , resulting in high computational complexity and inaccuracy in extraction process. Japanese scholar H. Kawahara has developed four types of F0 extractors [11] - [14] for STRAIGHT model, and all of them committee to improve the accuracy of first extraction thus sacrificing computation time. For all this, the precision is still not enough so that corresponding correction methods are proposed. These correction methods mostly inherit thoughts of the corresponding extractors therefore relying heavily on the accuracy of first extraction, and are susceptible to noise.
This article proposes a new method which makes use of cross-correlation of actual signal and estimated signal to convert the difference between their frequencies to phase difference, thereby gains the accurate fundamental frequency by measuring this phase difference. This method overcomes the shortcoming of overmuch dependent on the accuracy of first extraction, and resists the interference of the noise very well.
II. EXISTING EXTRACTION AND CORRECTION METHODS OF SPEECH F0
The method based on fixed point analysis [11] works as follows: First, use a band-pass filter bank that consists of filters equally spaced along the log frequency axis to separate the signal; second, find the fixed points that may be the fundamental frequency by hilbert transform; third, use carrier-to-noise (C/N) ratio to determine the final point that represents the fundamental frequency.
The principle of correction is the same as extraction: search around the fixed point to find the best point which has the lowest C/N ratio. Fig. 1 (left) shows that although this correction method has a good performance in noise, it easily causes errors when the first extraction result deviates from the accurate value too far.
The method based on TANDEM spectrum [13] , [14] works as follows: First, calculate the TANDEM spectrum and the smooth spectral envelope of the signal; second, divide the TANDEM spectrum by the spectral envelope to gain an analytic signal in which the dominant periodic components will be represented as salient peaks; third, search the unique peak from the inverse Fourier transform of the analytic signal which represents the fundamental frequency. 
The correction method makes use of the mathematical features of the window which is used in calculating the spectrum to gain the difference between current frequency point and the peak point. Fig. 1 (right) shows that this method performs badly when the noise is strong.
III. PROPOSED CORRECTION METHOD

A. Basic Principle
Assume f 0 and f c represents the accurate fundamental frequency and the first extraction result respectively. Be regardless of the noise for the moment, then define a signal r(t) as (5) which is similar to cross-correlation of signal x 0 (t) and x c (t):
where x 0 (t) and x c (t) represents the original signal and assumed signal respectively, and T c represents c . By Further consolidation, we can gain the following equations:
The difference between the gained signal r(t) and the original signal x 0 (t) is just a phase shift which can be simplified as (8) . Note that this simplification is accurate, without approximation. 
Then a low-pass filter is used upon the signal 0 ( ), ( ) x t r t to gain 0 ( ), ( ) x t r t which only have fundamental component.
Due to the phase response upon the two signals is exactly the same, the final phase shift shows as (9):
The instantaneous phase of a signal can be calculated by Hilbert transform as (10) . Due to the fact that the valid phase scope of the operation tan -1 is 0~ , we can correct the frequency by the proposed method when f c ranges from 0.67f 0 to 2f 0 theoretically.
B. Anti-Noise-Interference Ability
The autocorrelation of the original signal shows as (11) where x 0t (t) represents the no-noise part of the original signal, noise(t) represents the noise, and T w represents the autocorrelation window width. The wider the window is, the better the anti-noise-interference effect we gain.
The signal x 0c (t) and x 0 (t) have different amplitude and phase, however their frequency is the same. We can use x 0c (t) to correct the frequency by the proposed method because this 1/f method is independent of the amplitude and phase of signal. This is a perfect character which other methods do not have.
C. System Model and Description
The proposed correction method works as Fig. 2 shows: first, use autocorrelation of the original signal to decrease noise interference; second, use cross-correlation of original signal and estimated signal to convert the difference between their frequencies to phase difference; third, calculate the phase of x 0c (t) and r(t) after low-pass filtering respectively; lastly, use the phase difference to gain the correction fundamental frequency. Fig. 3 . Correction results of testing signal's F0 trajectory with the same given estimated trajectory by fixed-point, tandem-spectrum (left) and the proposed (right) method, SNR=5dB. f0given, f0accurate, f0fix, f0tandem, f0pro represent the given, accurate trajectories and which are gained by the three methods. Fig. 3 shows the correction F0 results of a testing signal with a given estimated frequency trajectory by the fixed-point method, TANEM-spectrum method (left) and the proposed method (right) respectively while SNR equals to 5dB. The fixed-point method lose efficacy when the deviation of estimated frequency is too big. And the TANDEM-spectrum method is so much sensitive to noise that the correction result deviates more further from the accurate trajectory. The proposed method well overcomes the above shortcomings. Fig. 4 shows the average fundamental frequency errors after correction of a testing signal with a series of given estimated frequency trajectories by the fixed-point method, TANEM-spectrum method and the proposed method respectively while SNR equals to 15dB. Assume it is effective when the error is below -30dB ( This large-scale character provide a train of thought: we can use a very simple extraction method with low computation complexity to gain a rough fundamental frequency trajectory, and then correct the result by the proposed method. The error can be kept as low as -60dB (0.1%) after double corrections by the proposed method. Table I shows the correction frequency errors of a testing signal with a given estimated frequency trajectory by the fixed-point method, TANEM-spectrum method and the proposed method respectively under different SNRs. The proposed method without autocorrelation module is sensitive to noise, the same as or even more than the TANDEM-spectrum method. Autocorrelation is an effective measure to decrease noise interference. Further, the perfect character that the proposed method is independent of the amplitude and phase of signal makes it possible to design many other methods which can decrease the noise interference and just do not change the frequency of signal.
IV. EXPERIMENT RESULTS
A. Overall Contrast
B. Impact of Extraction Deviation
C. Impact of Noise Interference
V. CONCLUSION
This article proposes a new method to correct the speech fundamental frequency trajectory. This correction method performs well when the estimated-to-accurate frequency ratio f c /f 0 ranges from 0.7 to 1.8, so makes it practicable to use a very simple extraction method with low computation complexity. And double corrections can keep the error as low as -60dB. Further, this correction method allows pre-autocorrelation or other modules which can decrease noise interference to be executed before the main process. Experiments indicate that this method is effective.
